A seven element, bi-linear hydrophone array was deployed over a coral reef in the Papahãnaumokuãkea Marine National Monument, Northwest Hawaiian Islands, in order to investigate the spatial, temporal, and spectral properties of biological sound in an environment free of anthropogenic influences. Local biological sound sources, including snapping shrimp and other organisms, produced curved-wavefront acoustic arrivals at the array, allowing source location via focusing to be performed over an area of 1600 m 2 . Initially, however, a rough estimate of source location was obtained from triangulation of pair-wise cross-correlations of the sound. Refinements to these initial source locations, and source frequency information, were then obtained using two techniques, conventional and adaptive focusing. It was found that most of the sources were situated on or inside the reef structure itself, rather than over adjacent sandy areas. Snapping-shrimp-like sounds, all with similar spectral characteristics, originated from individual sources predominantly in one area to the east of the array. To the west, the spectral and spatial distributions of the sources were more varied, suggesting the presence of a multitude of heterogeneous biological processes. In addition to the biological sounds, some low-frequency noise due to distant breaking waves was received from end-fire north of the array.
I. INTRODUCTION
Tropical coral reef ecosystems provide habitat for a large variety of invertebrates, including snapping shrimp, hermit crabs, and sea urchins. Some of these animals are known to generate sound, the character of which varies from one type of organism to another. An individual snapping shrimp, for example, produces an extremely brief but very intense pulse of sound with a broad bandwidth, around 200 kHz or greater. 1 The physical mechanism responsible for such behavior is thought to be the collapse of a cavitation bubble, created by a high-speed water jet projected by the animal when it snaps shut its enlarged claw. 2 By way of contrast, sea urchins produce relatively narrow-band sound, in the range 800 to 2800 Hz, when sounds created by their feeding are amplified by the calcareous skeleton, or test, acting as a Helmholtz resonator. 3 Although some of the properties of the sound produced by the inhabitants of the reef are known, many questions remain concerning the identity of the contributors to the reef soundscape and the mechanisms whereby the animals produce their characteristic acoustic signatures. Another largely unknown element is the ecologically relevant information that the reef sounds may contain. [4] [5] [6] [7] 40 Such information includes the spatial distribution of biological sound sources over and around the reef, which, over time, can act as a gauge for the ecological state of the coral reef itself.
A single hydrophone (point receiver) is useful in providing the temporal and spectral characteristics of reef noise but, being omnidirectional, does not yield information on the directionality of the sound field or the locations of sound sources. Since the spatial distribution of reef organisms is known to be highly heterogeneous, the acoustic signature of the reef, as observed anywhere in the local vicinity, is expected to vary rapidly as a function of arrival angle. In order to retrieve the directionality of the sound field, the single point sensor must be replaced with an array of sensors, thereby forming an antenna having a directional response, which can be used to map the locations of near-field sound sources.
Passive (receive-only) hydrophone arrays and their associated signal processing algorithms have been used extensively for the detection, localization, and tracking of marine mammals. 8, 9 In other areas of ecological monitoring and assessment the application of directional acoustic receivers has been limited, [10] [11] [12] although there is a growing interest in the use of passive (omnidirectional) underwater acoustic recording. 6, 13, 14, 40 The purpose of this article is to report on the use of an array of hydrophones to localize the acoustically active inhabitants of a pristine high-latitude coral reef ecosystem. In this case, "pristine" refers to a reef that is essentially undisturbed by anthropogenic activities and is free of anthropogenic noise.
During the summer of 2012, a bi-linear array of hydrophones was deployed next to a coral reef ecosystem near Kure Atoll in the Papahãnaumokuãkea Marine National Monument (PMNM), Northwestern Hawaiian Islands (NWHI). Initially, pair-wise cross-correlation between acoustic channels, combined with triangulation between hydrophone pairs, was used to obtain a crude estimate of the position (range and azimuth) of the sound sources on and around the reef. To refine these position estimates and to obtain the frequency characteristics of sources, array focusing on the curved wave fronts of the acoustic arrivals was performed using two techniques, conventional and adaptive processing. 15 (Array focusing is similar to plane-wave beamforming except that the curvature of the wave fronts allows range as well as bearing to be estimated.) A two-dimensional map of sound sources was obtained, showing the distribution in a horizontal plane of the nearby acoustically active reef dwellers. An analysis of source localization errors, brought about by the correlated displacements of the hydrophones as ocean swells passed over the receiver station, is included in the discussion of the mapping procedure.
II. THE KURE ATOLL EXPERIMENT
Kure Atoll [ Fig. 1(A) ] became a state wildlife sanctuary in 1981 and was incorporated into the PMNM in 2006. Before its protection as a marine reserve, little fishing occurred at Kure Atoll due to its extremely remote location. Kure thus represents a present-day ecological baseline example of a high-latitude coral reef ecosystem that is free of anthropogenic noise. The experiment site was accessed via the National Oceanic and Atmospheric Administration (NOAA) Reef Assessment and Monitoring Program (RAMP) cruise HA-12-04. A hydrophone line array was deployed at a site on the southern outer reef at 28 22.951 0 N, 178 19.484 0 W [ Fig.  1(B) ], where the water depth is 14.8 m and the seabed is composed of coralline sand. The array consisted of eleven elements arranged as four uniformly spaced sub-arrays (five elements each), with half-wavelength design frequencies increasing in octaves from 250 Hz to 2 kHz (corresponding to inter-element spacings of 0.325, 0.75, 1.5, and 3 m, respectively).
The array was deployed in an eroded spur-and-groove coral reef environment [ Fig. 1 (C)] in an obtuse angle, bilinear configuration approximately 30 cm above the sea floor. The hydrophone cable and data acquisition electronics were secured to the seafloor using sand anchors in the layout illustrated by Fig. 1(D) . Anticipating that most of the biological sources of sound reside in and around the coral reef spurs, the array was oriented with its larger aperture aligned north-south, parallel to the spurs. While the array comprises of eleven hydrophones, only the seven identified in Fig. 1(D) were operational during the experiment.
During deployment, the water temperature was recorded at the array using portable underwater thermometers. Since the experiment location was completely exposed to open ocean currents, salinity was inferred from World Ocean Atlas data. 16 Throughout the experiment the estimated sound speed remained at 1531 ms À1 , as estimated from salinity and temperature data through the Mackenzie equation. 17 Each hydrophone channel was sampled at 81.92 kSamples s À1 with 24-bit resolution by a National Instruments PXI-8186 computer equipped with two PXI-4472 data acquisition boards, mounted in a pressure housing. A duty cycle recorded for four minutes continuously every half hour. The data were acquired using LABVIEW V R 7.1 and processed in MATLAB V R 2011b. Douglas Sea State during the experiment was between 0 and 1, while swell state was 2 (a glass-calm sea over longperiod swell). Consequently, open-ocean waves and weatherrelated noise were unlikely to have contributed to the recorded spectra. The hydrophone cable was secured with the greatest amount of line tension that could reasonably be exerted by a scuba diver. Nevertheless, some low-frequency cable strum was recorded due to Kure Atoll being circular in shape, offering relatively little protection against long-period ocean swell from any direction. To remove this noise, data were passed through a 512-point high-pass filter (corner frequency 100 Hz, stop frequency 500 Hz) after digitization. Cross-correlation and acoustic focusing were conducted within a horizontal, square area of 40 m by 40 m, centered at the array acoustic center (co-located with hydrophone #1). The survey area was discretized to 0.1 m resolution for both the processing of data collected in situ and the modeling of array performance.
III. ARRAY PERFORMANCE MODELING
Simulations of array performance, using array geometry identical to that used at sea, were conducted to estimate the range and azimuth based performance characteristics of the array. The directional performance characteristics of a line array and plane-wave beamforming system are often synoptically assessed through the beam pattern obtained by the broadside replica vector, per frequency. In this case, focusing involves the estimation of received level as a function of both azimuth and range, per frequency.
To ascertain the spatially dependent sensitivity of the array, the area encompassed by the main lobe surrounding each source location (analogous to the main lobe produced by a plane-wave beamformer) was quantified by the full area at half maximum (FAHM) envelope, analogous to the full width at half maximum concept used to quantify the main lobe width in plane-wave beamforming. Gaussian white noise sources were sequentially simulated around the survey area at 0.1 m increments. Conventional and white noise constrained focusing outputs were mapped as an ambiguity surface to show the spatial distribution of focusing accuracy. In order to investigate the change in array performance with decreasing wavelength, acoustic focusing outputs were calculated for frequency bins centered at 240 Hz, 2.4 kHz, 10 kHz, and 24 kHz.
A similar approach was employed to estimate the performance of the cross-correlation algorithm. However, rather than producing an estimate of the cross-correlation magnitude for a source at a given location, the accuracy of cross-correlation at each point was given by the size of the surrounding area that returned cross-correlation magnitudes over half maximum.
IV. ARRAY PROCESSING
The use of adaptive beamforming techniques greatly enhances spatial resolution and signal-to-noise ratio. 18 However, these gains come at the cost of increased computational burden. Adaptive beamforming requires inversion of the cross-spectral density matrix (CSDM) on a per-frequency-bin basis. Furthermore, robust adaptive algorithms such as white noise constrained beamforming 19 typically utilize an iterative approach to satisfy the white noise constraint, in which each iteration, per frequency bin, requires inversion of the CSDM.
Techniques such as Brent's method 20 can assist in minimizing the number of iterations. Developments that seek to mitigate the computational effort required in adaptive beamforming, such as dominant mode rejection, can improve the outcome in certain scenarios. 21, 22 Another method that reduces computational effort is to limit the range of the steering vectors to a sector most likely to contain the source of interest, the likelihood information being obtained a priori. This final method is utilized here.
A. Cross-correlation
If the geometric arrangement and sound speed between two time-synchronized, simultaneously recording hydrophones is known, an inverse Fourier transform of the coherence between these sensors provides an estimate of the sound field correlation. 23 When mapped to the axis between the two hydrophones, the relative azimuthal correlation is obtained. Using multiple hydrophone pairs that are not colinear removes the axial ambiguity, allowing for localization of sound sources, via triangulation, in the near-field. Note that for a two-dimensional horizontal sensor arrangement, ambiguity remains in the vertical. Once source locations have been estimated, the focusing algorithm could then be restricted to these areas of interest.
The cross-spectral density of the ambient sound field, S, may be obtained using data from any two sensors (a, b). S is calculated in the frequency domain as the following:
where X i a ðxÞ represents the ith realization of the standard deviation at frequency x for sensor a. An average is taken over M realizations of a sample period, T. T Â f s , where f s denotes the sampling frequency, is equivalent to the Fourier transform length in sample points.
For an accurate estimate of the cross-spectral density to be made, the sound field must be statistically stationary during the time required to obtain the ensemble average in Eq. (1). For recordings taken in dynamic acoustic environments, fewer averages and/or shorter Fourier transform lengths may approximate quasi-stationary conditions.
The cross-correlation function between two sensors is obtained by performing an inverse Fourier transform of the cross-spectral density, analogous to the Wiener-Khintchine theorem for autocorrelation: 24, 25 
where s is the correlation delay time. The maximum delay time, s d , between correlated arrivals at a sensor pair separated by distance d ab is given by
Assuming plane-wave arrivals, w ab may be mapped over look directions, h, from Àp=2 to þp=2 by h ¼ sin À1 s=s d . Values that correspond to js=s d j 1 represent the correlation of sounds arriving from an azimuthal window encompassing À90 to þ90 . The number of data points within js=s d j 1, referred to as m, is dependent upon the sampling frequency,
where m is a whole integer, rounded downwards. Consequently, the resolution of w ab between À90 to þ90 is also proportional to the inter-element spacing. Interpolation in the time domain can be used to increase the temporal resolution. One way of efficiently performing this interpolation is through padding S ab (x) with zeros before obtaining w ab (s) as in Eq. (2). In order to obtain the greatest number of independent cross-correlation estimates over the duration of the data set, the length of T should be chosen such that the number of samples per sampling period, T Â f s , is as close to m as possible. In the case where (T Â f s ) ! m, some of the crosscorrelation values obtained in Eq. (2) will correspond to time delays greater than s d . In this case, the portion of T greater than m/f s cannot be mapped to an azimuth with the approach used here and will remain unexamined. If (T Â f s ) < m, estimates of w will not extend the full azimuthal range.
Note that as with conventional delay-and-sum beamforming, mapping results in a nonlinear resolution in h,
The time delays corresponding to range, r, and azimuth, h, coordinates from each hydrophone pair center are required for curved-wavefront cross-correlation and array focusing. The delay associated with any given location is obtained by calculating the time taken by sound waves originating at that location to travel the differential distance, DR, between the two sensors. For a given range and azimuth, DR(r,h) may be calculated trigonometrically,
and the delay time s ab (r, h) is inferred by dividing DR(r, h) by the estimated sound speed
The convention in this analysis is for positive delays when wavefronts arrive at sensor a before they arrive at b. Correlation magnitudes for each pair of hydrophones were mapped to time delays calculated using Eq. (7) over a two-dimensional grid surrounding the array. Mapping resulted in "rays" of correlation magnitudes that curve outward from the aperture between each hydrophone pair. Triangulating rays from each sensor pair permitted the estimation of sound source positions over the array plane.
Using cross-correlation to determine source azimuth or location is a well-established technique. Ferguson 26 used a similar technique to that described above, but for the purpose of cross-correlating the beamformed outputs of two arrays. More recently, Ferguson and Cleary 27 used cross-correlation to estimate the positions of snapping shrimp. However, the use of a fast cross-correlation process to guide and restrict a more time-consuming acoustic focusing algorithm appears to be a novel method of suppressing noise and reducing computational burden.
B. Curved-wavefront focusing
For curved-wavefront acoustic focusing, steering vectors D(x, h, r) of length N were calculated through a similar process to Eq. (7), except that the time delays for the hydrophone positions were calculated with respect to the array acoustic center [the northernmost hydrophone as shown in Fig. 1(D) ]. In this case, DR is defined as the difference between r, the distance from a given location and the array center, and r 2 , r 3 ,…, r N , the distances between that location and the other hydrophones. The time delay vector, [s 1 , s 2 ,…, s N ], is thus calculated as follows:
The phase delay/advance is then calculated in order to obtain the steering vector,
Using frequency-bin-centered vectors of length N, B(x):
Each estimate of the cross-spectral density matrix R(x) is calculated as
in which the off-diagonal values of R(x) are the crossspectral densities described in Eq. (1). The superscript H denotes a complex conjugate (Hermitian) transpose operation. Consequently, acoustic focusing outputs and the correlation in the time-delay domain between every hydrophone can be acquired simultaneously.
Curved-wavefront acoustic focusing is implemented by applying steering vectors that are specific to an azimuth and range, D(x, h, r), to R(x) in a manner identical to planewave beamforming, 15 P conv ðx; h; rÞ ¼ D H ðx; h; rÞRðxÞDðx; h; rÞ: (12) For white noise constrained acoustic focusing, the weighted steering vectors, w, are given by
where [R(x) þ eI] inv is the inverse cross-spectral density matrix, for which eI is a diagonal matrix of e, a value iteratively calculated to satisfy minimum variance given the white noise constraint. 15 The adaptive beamformer output is correspondingly,
V. DATA PROCESSING
A. Pressure spectral density estimates
Spectrograms and time-series plots were used to verify that recordings were free of clipping, electronic noise, or boat noise. A 1024-point fast-Fourier transform was applied to all channels simultaneously in 50% overlapped intervals with a Kaiser-Bessel window (a ¼ 2.5). Consequently, a sevenchannel spectral estimate of the sound field was made every 6.3 ms. These spectral estimates were then applied to the cross-correlation and focusing algorithms described above.
B. Cross-correlation and acoustic focusing
Data used for cross-correlation processing were prewhitened by dividing by the square root of the pressure spectral density and low-pass filtered using a 128-point finite impulse response (FIR) filter (fc ¼ 20 kHz, fs ¼ 25 kHz) to create a deterministic, gradual roll-off at higher frequencies. 28 In order to maintain an accurate estimate of the source spectra, data used by the focusing algorithms were not subject to the pre-whitening or filtering. A 7-by-7 CSDM was estimated for each frequency bin [Eq. (11)], and N þ 2 CSDM estimates were averaged before cross-correlation and beamforming algorithms were implemented. An estimate of the sound field was thus created every 56.3 ms, more than sufficient in length to encompass the 500 ls duration of a typical snapping shrimp waveform. 29 Equation (2) was applied to the off-diagonal values in the CSDM in order to estimate the pair-wise cross-correlation between the array elements. With seven hydrophones, 21 geometrically unique pairs were available for triangulation. Cross-correlation vectors for each pair were limited to a time-delay range in which js ab =s d ðabÞ j 1, in order to map w ab to azimuths from þ90 to À90 , before interpolation over the surveyed area. These cross-correlation maps were then normalized by the maximum return in that particular time step before they were summed, and the locations of cross-correlation maxima were recorded. The steering vectors [Eq. (9) ] corresponding to these locations were subsequently applied to the averaged CSDM estimate through Eqs. (12)- (14) , in order to obtain conventional and white noise constrained adaptive focusing outputs.
Although the white noise constraint is adjustable, only a single intermediate constraint of 8.5 dB down from conventional was utilized. An 8.5 dB constraint permits some "adaptiveness" and a substantial improvement in spatial resolution in the case of a plane-wave beamformer, 30 but retains sufficient robustness so that meaningful results may still be obtained without precise knowledge of array sensor positions.
VI. RESULTS

A. Model outputs
Cross-correlation performance
The accuracy of the cross-correlation algorithm over the surveyed area is shown in Fig. 2 . The regions of highest accuracy were broadside to the longer arm of the bi-linear array (less than 2 m 2 per point source). Poorest performance (greater than 20 m 2 per point source) occurs end-fire to the longer arm of the array, furthest from the smaller arm, closest to the array's northern extremity where inter-element spacing between hydrophones 1 and 2 was half the aperture of the arm (3 m).
Acoustic focusing performance
Maps showing the spatial variation of acoustic focusing performance for four frequencies and for both focusing techniques are presented in Fig. 3 . The "focal pattern" produced by the spatially varying array sensitivity varies with wavelength, from a bimodal pattern at 240 Hz (with poorest performance closest to end-fire north) to a pattern severely influenced by aliasing at 24 kHz (the smallest inter-element spacing of the array was 0.375 m, a half-wavelength spacing corresponding to a frequency of 2 kHz). At mid-frequencies (from 2.4 to 10 kHz), focusing ability was reduced in the north-northwest quadrant within 10 m of hydrophone #1. This feature, combined with the relatively high FAHM values obtained in that region at other frequencies, suggests that the array suffered from poor broad-band performance close to end-fire north.
B. Coral reef recordings
A four-minute recording was taken from 20:14 local time (sunset occurred at 18:48), when biological sound levels, and invertebrate activity, are generally higher than during the day. 4, 31 Figure 4 (A) displays a spectrogram of the time-series recorded by hydrophone #1, while Fig. 4(B) displays the respective pressure spectral density estimate. The night-time underwater environment around Kure Atoll is dominated by mid-frequency sounds in the 3 to 27 kHz band. Although the averaged pressure spectra suggests a broad spectral peak centered between 6 to 15 kHz, the spectrogram reveals that much of the biological contribution to the soundscape originates from highly transient sounds of varying frequency content.
The spatial distribution of correlated sound sources was highly heterogeneous [ Fig. 5(A) ]. Correlated sound appears to originate in three main areas: from an area directly east of the array about 10 m from the hydrophones, from a wide triangular area to the north of the array, and a spatially diffuse area west of the array. The scarcity of correlated sound sources closer to the array corresponds with the extent of the sand channel between the reef spurs. Example pressure spectral density estimates averaged over one-meter-square areas east, west, and north of the array are indicated in Fig. 5(B) , while corresponding photographs of the associated source locations are shown in Fig.  5(C) . The first two photographs [Figs. 5(C1) and 5(C2)] are photographs of the reef structure to the west and east of the array, respectively. The third photograph [ Fig. 5(C3) ] is a satellite image of the field site, showing the proximity of the nearby reef break.
Broad-band sources were observed in a region east of the array from about 5 m range, stronger and relatively uniform in pressure spectral density between 5 to 25 kHz when compared with sources to the west. To the north, sources that produced a strong low-frequency component (0-5 kHz) were apparent (Fig. 6 ). The sound sources in the area to the west were characterized by variable spectral peaks between 5 and 15 kHz, with most sounds exhibiting an 8 dB or greater decrease in pressure spectral density above 20 kHz, in comparison to the sources in the east (Fig. 7) . Spectral density level appears relatively low below approximately 1 kHz. However, this observation may be due to the inability of the adaptive focusing algorithm to produce meaningful results at that frequency with the limited available aperture. The broad-band nature of sound from the area shown in Fig. 7(B) resulted in improved and more frequent instances of high cross-correlation, as seen in Fig. 5(A) . Such characteristics resulted in the cross-correlation algorithm preferentially identifying these sound sources over comparatively narrowband sounds from elsewhere. 
VII. DISCUSSION
A. Model outputs
The direction and range performance characteristics of the array and algorithms were estimated through modeling as no controlled acoustic sources were deployed for in situ performance validation. The simulated accuracy of the cross-correlation algorithm varied substantially with the location of the source. Accuracy was high in the regions near broadside to the primary axis of the array, while it was comparatively poor in the region near end-fire to the north of the array, as shown in Figs. 2 and 3 . The spatial variation of focusing ability varied on a scale commensurate with the wavelength. Acoustic focusing outputs for both conventional and adaptive algorithms display the same general characteristics, although suppression of the more complicated lobe patterns at higher frequencies occurred in the adaptive case ( Fig. 4) .
While simulations show that aliasing and side lobes in the midfrequencies produced spurious source estimates, a priori knowledge of source locations can aid in identifying main lobes. With the cross-correlation algorithm limiting focusing to an area most likely to contain sources, the noise introduced by aliased and side lobes is reduced. While the frequency dependent sensitivity of the array is still an issue, a more accurate frequency representation of the sources is likely with such knowledge. A critical assumption here is that aliasing and side lobes from other, simultaneous sources do not substantially influence the frequency characteristics of each particular source of interest. For such influence to occur, the lobes created by one source must happen to be spatially coincident with the true location of another, simultaneous source. The likelihood of such an event occurring decreases with fewer simultaneous sources, the number of which is in turn is related to the time required to create each directional estimate. Thus, a higher sampling frequency is preferred, not only because oversampling is beneficial for filter design, but also because it reduces the probability of simultaneous detection by shortening the time required to create each CSDM estimate.
B. Coral reef recordings
The soundfield over a coral reef is dominated by broadband, highly transient biological sounds (Fig. 4) . Over the relatively small area of the reef surveyed, substantial spatial variation in this sound was also observed (Figs. 5-7) . In particular, the dominant sources of correlated sound appear to be concentrated approximately 10 to 20 m directly east of the array, adjacent to the nearby reef spur [ Fig. 5(A) ]. Figure  5 (B) indicates that sounds from this area were homogeneous in frequency, characterized by a relatively flat spectrum between 5 and 25 kHz and a gentle roll-off above this band. The cross-correlation algorithm is more likely to return the highest magnitudes from areas where impulsive, broad-band sounds originate, which are more clearly correlated between channels. Consequently, it is likely that the algorithm preferentially detected sounds created by a colony of snapping shrimp in this area. 2, 30 However, the shrimp-like spectra still show substantial deviation from what should be a fairly white spectral profile, assuming that snapping shrimp were the only source of sound from this region. 1, 32, 33 It is possible that other biological sounds produced in the same area or close by have incoherently contributed, creating spectra that differ from that produced solely by snapping shrimp. 4 Sounds arriving from the reef spur to the west are substantially more variable in frequency content that those from the east [ Fig. 5(B) ]. While it is almost certain that some snapping shrimp inhabit this area, the spectral heterogeneity strongly suggests that many additional acoustic processes, and by association different ecological processes, occur in this region. No visual, transect-style ecological survey was performed over the area. Given the cryptic and lightavoidance behavior of most benthic invertebrates, this technique would have been inadequate in estimating their abundance and diversity.
However, photographs were taken of the regions immediately surrounding the array [ Fig. 5(C) ]. To the west [ Fig.  5(C1) ], the coral reef bathymetry was more complex and included a number of small cave systems. The bathymetry to the east [ Fig. 5(C2) ] was comparatively plain, the dominant feature being a boulder field adjacent to a relatively smooth rock wall.
Inferences can be made from the structures seen in Figs. 5(C1) and 5(C2) regarding the organisms that inhabit these regions of the reef. Greater structural complexity is associated with a higher diversity of species, due to more protective habitat and increased surface area. 34 Several organisms known to be soniferous were observed in the caves to the west including fishes of the families Pomacentridae, 35, 36 Holocentrinae (or squirrelfish), 37 sea urchins of the genus Evechinus, 3 and large numbers of spiny lobster, genus Panulirus. 38 Of these groups, only sea urchins were observed in the boulder field to the east. The fish families described here are known to produce sounds with a center frequency below 1 kHz. Consequently, their sounds were poorly resolved with the limited aperture used here. However, the cross-correlation technique is relatively frequency-independent. Results shown in Fig. 5 indicate that sounds originated from the region in which these fish were observed. Sounds produced by spiny lobster occupy a broader frequency band. 38 While their presence was also spatially correlated with the source locations of received sound, a higher level of acoustic focusing performance, in addition to concurrent visual confirmation, is required to causally link the received sounds with their sources. The presence of snapping shrimp in either area could not be visually confirmed as they spend the majority of their time out of sight. It should be noted that the spectral characteristics of the sounds produced by most marine organisms in the Hawaiian Islands are unknown, and identification of sound sources in situ requires further validation.
The recording of direct line-of-sight acoustic arrivals from sources on the reef flat (on top of the spur) was not possible due to the shadowing effect of the rocky structure. However, there were several sources of sound that likely contributed to the results shown from that area. A large number of invertebrates, at least some of which are known to produce sound, were observed within the cave system inside the wall. As the edge of the rock spur in Figure (C2) was approximately 12 m from the hydrophone array, direct-path acoustic arrivals from these organisms were likely modified by their propagation through the porous rock. The relatively small array aperture in the east-west direction meant that the main lobe width in the vertical was fairly large. Consequently, the sensitivity of the array to sounds from above the array plane would have integrated sounds from that region with those produced by in-plane sources. It is also possible that sound from sources atop the reef spur propagated through the rocky bottom and scattered back into the water column from the edge of the rock spur. The compressional wave velocity in limestone bedrock is between 3 and 6 km s À1 (Ref. 39 ) as compared to the estimated inwater sound speed of 1531 ms À1 . Consequently, sound waves that entered the rock atop the reef spur at any angle toward the array would have refracted further toward the edge of the rock spur. Similarly, as these sound waves reenter the water from the rock spur, they would have refracted toward the horizontal.
Thus the sounds received at the array depicted as originating from beyond the rock wall are likely comprised of three components-sounds from organisms inside the porous rock, sound sources outside the survey plane but within the vertical envelope of the main lobe, and sub-bottom propagation of sound created atop the reef. To separate these sources, a three-dimensional array configuration and improved resolution in the vertical direction are required, in addition to more accurate estimates of sub-bottom sound propagation at the site.
Strong low-frequency sounds in the 0 to 5 kHz band were the dominant feature north of the array (Fig. 6 ). The origins of these sounds were less likely to be accurately estimated due to the poor performance in focusing near end-fire, particularly for lower frequencies (Figs. 2 and 3) . The fanlike shape of source estimates in this area is clearly an artifact of insufficient aperture. In these regions, rays of high cross-correlation magnitude overlapped and produced diamond-shaped source location estimates. Figure 5 (C3) shows the relative proximity of the southern reef break, where the low-frequency noise is likely to have originated. Because of the reef break noise, poor array performance, and the uncertainties indicated by array simulations, analysis was restricted to the areas near broadside, where focusing accuracy and resolution were highest.
White noise constrained focusing shows the contrast between the relatively uniform spectra to the east and the more diverse spectra to the west more clearly (Fig. 7) . The spatial resolution shown in Fig. 7 suggests that for frequencies close to the design frequency of the array, the techniques described here are capable of identifying individual sound sources. However, verifying these sources requires geospatially referenced visual data, such as photographs or video, that are time-synchronized with array recordings.
C. Hydrophone location error
Although the array cable was secured tightly during deployment, divers observed slight movements of the cable as long-period ocean swells (of approximately 15 to 20 s period) passed over the array. Visual observations indicated hydrophone movement to be on the order of 1 to 10 cm. The effect of this movement on the performance of the crosscorrelation algorithm was estimated by simulating positioning errors when modeling the localization of a source at the approximate location of the suspected snapping shrimp colony.
Offsetting the position of the hydrophones along a catenary between the sand anchors approximated the observed in situ hydrophone displacement. Modeling was limited to the primary axis of the array (of 6 m aperture) as the secondary axis was relatively short (1.5 m).
The mean and standard deviation of bias (error between estimated and true location co-ordinates, Fig. 8 , upper plot) remain relatively stationary for catenary offsets below 0.1 m, then increase asymmetrically depending on the direction the offset. Simultaneously, the area over which correlation is high decreases (Fig. 8, lower plot) as the magnitude of correlation between channels decreased. These results indicate that for small correlated hydrophone positioning errors (of less than 0.1 m), the effect on source location accuracy was within the error that accompanies estimations made using an accurately positioned array. In the case of more extreme correlated positioning errors, bias in estimates of range were generally larger than bias in estimates of azimuth.
An additional simulation of a source at the same location was conducted in which sound speed error was varied, rather than hydrophone position. The effect on the mean and standard deviation of the distance between the estimated and true source location (the "error distance") was piecewise. As the magnitude of the sound speed error increased, the azimuth of cross-correlation rays varied to a point where rays no longer overlapped sufficiently to exceed the crosscorrelation threshold, each time causing an increase in the error distance. The main lobe size varied in a manner that was more likely determined by the location of the source relative to the sensors. However, for the source position simulated here, the main lobe area varied by less than 6% over a 610 ms À1 range from the sound speed that was estimated during the experiment (1531 ms À1 ).
VIII. CONCLUSIONS
This study demonstrates the utility of a hydrophone array in spatially characterizing the ambient sound field over a coral reef, and provides an indication of the spatial scales over which the coral reef soundscape may vary. Coral reefs represent a highly heterogeneous acoustic environment in which a multitude of acoustically active organisms produce unique spectral signatures, in addition to sounds created by physical processes such as breaking waves. In order to reduce computational burden, a cross-correlation-based triangulation method identified the locations of sound sources that produced correlated arrivals at the array. Acoustic focusing, which requires greater computational resources, was then performed on these limited areas. Consequently, a spatial representation of the sound field was obtained that contained information originating only from the most correlated sources of sound.
Focusing using conventional and adaptive methods showed that ambiguity in source location estimates occurred to the north of the array near end-fire. Combined with the presence of a loud, low-frequency interferer in that direction (the reef break 300 m to the north), substantial lowfrequency noise was introduced into focusing outputs. Evaluation of the sound field was thus restricted to areas close to broadside, to the east and west of the array.
Sounds from a broken boulder field located to the east of the array were consistent with a colony of snapping shrimp and dominated the sound field, although spectra from that area suggested other sounds may also have contributed from that region. The bathymetry was more built-up to the west, where a coral reef spur contained several small cave systems that offered a protective, overhanging habitat. In this area, sources of sound were more distributed in space and varied in frequency characteristics. A greater diversity and biomass of fauna were observed in this area, including soniferous animals such as lobster and sea urchins. However, the acoustic characteristics of these observed species have not been formally evaluated.
The passive techniques described here can be used to rapidly characterize the underwater acoustic environment in space, frequency characteristics, and time. The same techniques can suppress noise that may arrive from sources other than those of interest. In many shallow water environments the mid-frequency spectrum is dominated by biological sounds. Oftentimes, population information and the ecological impact of the organisms responsible for these sounds are difficult, if not impossible, to quantify through visual techniques.
Passive acoustic recording provides new information that is not subject to observational bias, the collection of which is not limited to periods in which natural light is available. Behavioral changes in reef organisms, such as those introduced when using video lighting at night, are not an issue.
The ambient sound field contains an enormous amount of information, and gaining useful and meaningful knowledge about the sources of sound is a challenging task. Not only are there a great many relevant sources of sound, the reverberant nature of shallow water areas and the complexity of the sea floor introduce bathymetry-related multipath arrivals and frequency-dependent attenuation. Determining the directionality and range of sound sources, and spatially filtering unrelated noise from the desired recordings, are important steps toward extracting ecologically relevant information from the ambient sound field.
